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The investigation of video sensitivity and both biphase demodulation 
and Doppler shift processing errors is performed. The effect of pass 
band ripple on the noise bandwidth of two pole filters is developed. 
The effect of feedback on the effective noise figure of a high gain IF 
(Intermediate Frequency) amplifier is investigated and discussed. An 
analysis of a limiting amplifier-biphase demodulator circuit is attempt--
ed. A computer simulation of this same oircui t is also performed and the 
results are compared to measurements taken in the laboratory. With 
respect to multipath corrupted input signals, a differential phase shift 
keyed biphase demodulator is shown to be superior to the coherent data 
detection scheme employed in the equipment under investigation. 
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Preface 
The work described in this thesis was performed during a period 
between flight test programs in an attempt to improve system performance. 
The author performed all of the work described except for the fact that 
Mr. Robert L. Jude designed the multipath simulator and performed the 
testing of the discriminator assembly in checking its compatability 
with the differential phase shift keyed biphase demodulator. 
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I. Introduction 
During assembly testing and system flight testing of the engineer-
ing model airborne unit for a commercial air transport collision 
avoidance system, certain problems were encountered in the system's 
8-band receiver assembly. The purpose of this thesis is to present 
the details and results of the investigation of these problems. 
1 
During receiver assembly testing, performed in the laboratory to 
verifY that performance was within specification, the receiver exhibited 
approximately 4 dE poorer sensitivity than expected. During system 
flight testing, data processed by the receiver and IF {Intermediate 
Frequency) Doppler shift processed by a crystal frequency discriminator 
were found to be in error more often than expected, even when the system 
was receiving a signal level well above the minimum specified. Before 
discussing these particular problems, a short description of the system 
and hardware will be presented together with the reasons for the selec-
tion of the particular topic. 
A. System and Hardware Description. The basis for the collision 
avoidance system's design is time/frequency technology< 1 ). If all 
participating units have the same time reference and a stable frequency 
reference, one way signal transmission is all that is necessary for the 
signal receiving aircraft to determine range and closing rate between 
itself and the transmitting aircraft. This eliminates the saturation 
problem encountered by systems employing transpond techniques in 
congested areas. 
When operating in a synchronized mode where all participating 
aircraft have the same time base, the system recycles every three 
seconds. Each three second period is divided into two thousand 1500 
2 
microsecond time intervals. Each aircraft is assigned its own particular 
time interval and it normally transmits only during this period. Conse-
quently, no two aircraft will transmit during the same interval. The 
assigned operating frequency for each interval is 1600, 1605, 1610 or 
1615 MHz. The 1600 MHz operating frequency is assigned to interval num-
ber zero. The subsequent time intervals are assigned the frequencies 
1605, 1610, 1615, 1600 MHz ••• until 1615 MHz is assigned to the last 
interval. There are two basic signal formats which a unit must be capa-
ble of transmitting or receiving on any of the four system frequencies. 
The first format is a group of three 1. 6 microsecond RF (Radio Frequen-
cy) pulses spaced no closer than 6.4 microseconds and no farther than 
11. 2 microseconds apart (leading edge-to-leading edge). This signal :for-
mat is used to update the time base of the airborne units. The second 
signal :format is composed of a 200 microsecond pulse, unmodulated or 
partially biphase modulated, followed 400 to 724 microseconds later by 
a second pulse of 25.6 microseconds duration. The first pulse is 
processed :for range, data and Doppler frequency shift information; 
the second pulse is processed for altitude information. From the 
information received in the second signal format, necessary maneuver 
decisions can be determined by the receiving aircraft. 
The airborne unit in this system is comprised of six major 
assemblies; a receiver, a transmitter/duplexer, a frequency discrim-
inator, an exciter, a special purpose computer and a power supply. 
The special purpose computer provides all necessary timing and 
data signals to the receiver, discriminator, exciter and transmitter/ 
duplexer. It also determines collision threat zones from received 
range., Doppler and a1 ti tude information and provides any necessary 
manuever signals for the pilot's. indicator. The exciter provides the 
receiver with two LO (Local Oscillator) signals, the discriminator with 
a reference signal representing zero Doppler frequency shift, and the 
transmitter/duplexer with a one watt peak power signal during transmit 
periods. The discriminator measures the Doppler frequency shift of any 
received signal verified as a valid system signal by the receiver and 
computer. In the absence of a received signal the discriminator 
calibrates itself using the reference signal provided by the exciter. 
The transmitter/ duplexer provides 33 dB of gain at the transnli tting 
frequency plus the switching circuitry necessary for selection of the 
correct antenna and the receive or transmit mode of operation. The 
receiver provides data recovered from the biphase modulation and a 
threshold video signal derived from the received signal's envelope 
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for the computer and a limited IF signal for the discriminatore The 
receiver is the primary subject of the investigation and a more detailed 
description of its operation will be presented in following sections. 
The power supply provides all assemblies of the unit with prescribed 
voltage and current levels. 
B. Problem Selection. The investigation of the problems associated 
with the receiver was selected for two reasons. The first reason is that 
the author has been assigned the primary engineering responsibility for 
the receiver assembly of the system and, consequently, is interested 
in results that will lead to the eventual hardware modification. 
The second reason concerns itself with the engineering judgement 
necessary to solve the particular problems. Two of the three discrete 
areas of investigation, which will be pointed out, possibly would not 
have been necessary had sufficient analysis been performed before the 
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initial design of the hardware. . However, it is realized that engineering 
design must be performed within a definite time period. Together with 
the fact that there is a limit to the amount of time which may be spent 
on initial design analysis, there is also a time element involved in 
reaching a satisfactory solution to the problems at hand. As an example, 
considering the time elEillent involved, in an attempt to arrive at a solu-
tion for the incorrect data demodulation and Doppler frequency shift 
processing encountered during flight testing, three different approaches 
were attempted. 
Another engineering point to be considered is the cost and ease 
of implementation of the results of the investigation with regard to 
the existing hardware. . The equipment which produced the test results 
leading to this investigation is: engineering model equipment, built 
similar to production equipment except for the fact that assembly was 
performed in an engineering laboratory. The size of each assembly, 
subassembly and circuit board has been determined; production drawings 
are being made; and as few changes as are necessary should be made to 
the hardware configuration. 
c. Preliminary Discussion. This section presents a description of 
the receiver assembly and discusses the initial approach to be used for 
investigating both the sensitivity problem and the data, Doppler 
processing problem. 
1. Receiver Description. The primary fUnction of the receiver is 
to accept all signals from the antenna. by way of the transmitter/ 
duplexer assembly and provide three output signalse These signals are 
a threshold video signal, a demodulated biphase data signal a.nd a phase 
stable, amplitude limited IF signal. Upon reception o£ the first signal 
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format described above, only a threshold video output signal is required 
from the receiver. Consequently, the second signal format described 
above will be used as the basis for the description of the three receiver 
output signalso Upon reception of the second signal format, consisting 
of a first, or range, pulse and a second, or altitude, pulse, the 
receiver must produce a logic signal representing the received signal's 
RF envelope. Certain threshold criteria, related to the effective input 
noise level and peak signal level, are applied during processing to 
insure correct envelope format recognition by the computer. . T.he 
receiver must also provide the- computer with a logic signal representing 
the demodulated biphase data. The remaining output signal is an 
amplitude limited. IF signal for the discriminator, to be used; for Doppler 
frequency shift processing. The biphase modulation must be removed from 
this signal and a constant phase must be present during the entire 200 
microsecond period of the first pulse. 
A fUnctional block diagram of the receiver assembly is presented 
in Figure 1, page 6. The receiver consists of two major subassemblies, 
the 1st receiver and the 2nd receiver. Physically, the 1st receiver 
is mounted inside a rectangular cavity formed in the 2nd receiver 
housing by compartments containing the 2nd receiver printed circuit 
boards on three sides and a simple wall on the fourth side. This 
physical configuration provides a rectangular assembly with dimensions 
of 6" by 4"' by 3o5". A drawing of the receiver profile is presented in 
Figure 2, page 7. 
FUnctionally the 1st receiver provides linear double conversion 
selection of the 2nd IF 45 MHz signal. The preselector is a three 
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1607.5 MHz. The 1st receiver substrate is a microstrip ceramic substrate 
containing the necess ary circuitry to linearly convert the received 
signal to a 1st IF frequency of 160, 165, 170 or 175 MHz. The 2nd 
IF circuit board and the 2nd IF filter board are conventional printed 
circuit boards which contain circuits necessary to linearly convert 
the 1st IF signal to a 45 MHz 2nd IF signal and to insure that this 
signal is processed by adequate filtering. The filtering is also 
necessary to reject any system signal which was transmitted during a 
different time interval and, after delay due to transit time, would ap-
pear at a 2nd IF frequency 5, 10 or 15 MHz away from the expected 45 
MHz value. These delayed signals would have been transmitted from 
an extremely long range and would pose no immediate threat to the 
receiving aircraft. 
FUnctionally the 2nd receiver provides video, or envelope, 
detection in the log (logarithmic) IF amplifier. The appropriate 
threshold criteria are applied to this amplitude detected signal in 
the video threshold detector. An amplitude limited 45 MHz IF signal 
from the log IF amplifier drives the biphase demodulator. The biphase 
demodulator employs a coherent data demodulation scheme consisting of 
a carrier restoring circuit which produces a phase stable IF signal 
free from biphase modulation. This phase stable IF signal is used by 
the biphase demodulator as a reference signal to demodulate the phase 
encoded data and by the crystal discriminator to determine Doppler 
frequency shift information. 
The log IF amplifier, the video threshold detector and the biphase 
demodulator are conventional printed circuit board assemblies. 
2. Receiver Sensitivity Problem. The first problem to be discussed 
is the poor sensitivity experienced during bench testing of the 
receiver assembly.. T.he sensitivity with which we are concerned is the 
ability of the receiver to reliably detect the envelope of an input 
signal at a minimum specified level of -89 cUm. The particular test 
where the inability o£ the receiver to suc-cessfully detect the minimum 
specified input level was the first point in system development where 
the 1st receiver and 2nd receiver subassemblies were connected together 
and tested as a unit. However, both subassemblies had been tested to 
verify that certain related specifications were met before the final 
assembly was- made. Both subassemblies exhibited acceptable noise 
figures and power gains to provide a sufficiently large signal to noise 
ratio at the detected video output of the log IF amplifier to allow 
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the video threshold detector to produce a received signal indication. 
The video threshold detector was designed to produce a received signal 
indication whenever an input signal to the receiver was 10 dB greater 
than the effective input noise power. It was decided to investigate 
two separate areas in an attempt to arrive at the reason for the problem 
and to discover some means of improving the receiver's sensitivity. 
The first area was the 45 MHz band pass filtering characteristics 
exhibited by the 1st receiver. Without affecting the noise figure of 
the 1st receiver, a variation of the pass band ripple and 3 dB band-
width characteristics would definitely alter the receiver's output 
signal to noise ratio for a specified input signal levelo 
The second area of investigation was determining the total 
receiver noise figure. . The problem with employing conventional noise 
figure measurement techniques to determine the recei var' s noise figure 
centers around the fact that the log IF amplifier has a limited IF 
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output signal. Conventional noise figure measuring equipment relies 
on linear signal gain to provide a correct result. The specified noise 
figure for the receiver is 7 dB, with the 1st receiver's specified 
at a maximum of 6 dB. . Assuming a nominal 1st receiver power gain of 
21 dB, the log IF amplifier would have to exhibit a noise figure 
greater than 20 dB for the combination o£ the two to exceed the 7 dB 
specification. Derivation of this result is presented in section III. 
Measurement of the log IF amplifier's noise figure revealed values in 
an 8 to 12 dB range8 ' 
One other remaining area of investigation would be that of the 
video threshold detector. However, this circuit had been tested ex-
tensively with the log IF amplifier relative to different values of 
input signal to noise ratio and, consequently, was assumed not to be 
a · problem area. 
3. Incorrect Data and Doppler Processing Problem. The system 
flight test problems concerning the received data and processed Doppler 
information were initially assumed to be multipath interference problems 
because of their absence during system testing in the laboratory, where 
the transmission path was simulated using attenua.tors and coaxial cables. 
Both the biphase data signal and restored carrier IF signal are gener-
ated in the biphase demodulator section of the 2nd receiver. It was 
also initially decided to limit the investigation to the 2nd receiver, 
primarily because of the ease in testing at the 2nd IF frequency of 
45 MHz. This eliminated the need for LO signal sources and a 1600 MHz 
biphase modulated input signal. It was decided that attempts at 
mathematical analysis, computer simulation and laboratory experimentation 
would be made and that from results of the three efforts a satisfactory 
explanation for the problem as well as a satisfactory improvement 
technique would be found. ' 
11' 
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II, . Review of the Literature· 
The investigations which were performed for this thesis were con-
cerned with problems at hand, with developed hardware, The thesis does 
not develop the techniques to be used to perform certain processes but 
rather describes the investigation of problems which evolved from the 
implementation of chosen techniques. The following paragraphs present 
the literature references which were reviewed in gaining familiarity 
with these problems, 
A. Receiver Sensitivity Investigation. The detected video sensi-
tivity investigation was centered around two primary areas. The first 
area to be studied concerned the 45 MHz IF pass band characteristics 
and their effect on the 1st receiver's output signal to noise ratio, 
Variations of the receiver's noise bandwidth, Hn' caused by IF filter 
tuning, was the major conc·ern. Skolnik (2) presents the basic equati on 
for calculating ~' which becomes diff icult when the filter possesses· 
a multipole band pass configuration, Values of the noise bandwidth 
factor, K, which relates En to the 3 dB bandwidth of the filter, for 
various filter configurations are presented, Shelton and Adkins (3) 
also present values of K for certain filter configurations, along with 
a proof demonstrating the validity of calculating band pass filter Bn 
values using the low pass filter transfer function from which the 
band pass filter was derived, A proof was also presented (3) showing 
that for a two pole filter the minimum value of K is obtained from 
a Butterworth response characteristic. This latter proof is of 
particular interest to the problem being studied because the 1st 
receiver's 45 MHz filtering is performed by two cascaded two pole 
band pass filters, ' Neither of the above references listed data 
pertaining to a pair of cascaded two pole filters which possess a pass 
band ripple characteristic similar to a Chebyshev response. 
With respect to the receiver's noise figure measurement, it was 
shown that the problem appeared when the 1st receiver and 2nd receiver 
were connected together. Rheinfelder (4) discusses the mismatching 
problem and its effect on noise figure. 
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Another interesting point developed by Panter (5) is the fact that 
in the presence of a high signal to noise ratio, the use of a linear 
peak detector should improve the signal to noise ratio by a factor of 
3 dB. The minimum IF signal to noise ratio of the receiver should be 
15 dB and, consequently, the video signal to noise ratio about 18 dB. 
The threshold level in the video threshold detector is 10 dB above 
the video noise level. With the minimum detectable signal 8 dB above 
the noise threshold level, the probability of detection should be very 
good, not poor as experienced. 
B. Biphase Data and Doppler Processing. Many articles were reviewed 
which pertain to the detection of biphase modulated data. These articles 
were primarily concerned with low signal to noise ratio environments 
to which our condition of 15 dB does not directly apply. Jones C6 ) 
discusses the multipath problem in general for DPSK (Differential 
Phase Shift Keyed) reception utilizing diversity combining techniques. 
Panter (5) develops some general equations pertaining to FM multipath 
distortion. A similar approach is used in this thesis to develop the 
basic multipath signal format used in the analysis of the problem. 
As a result of initial investigation, a low signal to noise ratio 
condition was not found to be a contributing factor to the data detec-
tion errors. Also, the Doppler shift processing errors were found to be 
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coincident with the data errors. Consequently, a pure multipath problem, 
independent of a low signal to noise ratio condition, was investigated. 
A computer simulation of the log IF amplifier-biphase demodulator 
combination was performed with the aid of a fast Fburier transform · 
algorithm described by Brigham and Morrow (7) and Uhrich (a). 
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III. Discussion and Results 
The details and results of the individual investigations described 
in section I are now presented. Section A, discussing the receiver 
video sensitivity problem, is divided into two parts; one which 
discusses the effect of the 45 MHz 2nd IF pass band characteristics on 
the receiver signal to noise ratio, and another which discusses the 
problems associated with measuring the receiver noise figure. Section 
B presents the problems encountered during system flight test, namely 
incorrectly demodulated biphase data and processed Doppler frequency 
shift. The discussion is limited to the log IF amplifier and biphase 
demodulator portions of the 2nd receiver subassembly as a result of 
laboratory tests performed after the flight tests which indicated that 
the problems originated in the 2nd receiver. An attempt is made to 
analyze and simulate this portion of the system and verify any results 
obtained by laboratory experimentation. Finally, two alternate ap-
proaches were attempted to improve the performance of the receiver, one 
using a one microsecond delay line in a DPSK detection approach and 
another using an injection locked oscillator as the reference signal 
for phase detection. 
A. Receiver Sensitivity. The receiver is specified to process 
signals at a minimum input signal level of -89 dBm. With respect 
to the threshold video output signal, other requirements which are 
set forth in the receiver specifications should allow for this sensi-
tivity requirement to be met. These other requirements are maximum 
noise figure, nominal values of IF bandwidth and false signal detection 
rate. The reason for the receiver sensitivity requirement is system 
range. For this particular system, -89 d:&n corresponds to a range of 
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approximately 90 miles. It should be noted that a 6 dB decrease in 
sensitivity causes the effective range of the system to be halved. 
This particular receiver was experiencing a 4 dB decrease in sensi tiv-
ity which corresponded to a maximum range of approximately 57 miles, a 
reduction of approximately 33 miles. 
The probability of detecting this minimum input signal level is 
dependent upon the signal to noise ratio at the output of the video 
detector and the noise threshold level which limits the probability of 
noise being detected as a signal. The IF signal to noise ratio is 
primarily determined in the 1st receiver, a fact which will be shown in 
paragraph 2 below. The value of the IF signal to noise ratio can be 
determined by calculating the signal level S0 and the noise level N0 
present at the output of the 1st receiver when the input signal level 
is -89 dim. The nominal gain of the 1st receiver is 21 dB and, 
consequently, the value of S0 is -68 d:&n. The output noise power can 
be calculated from 
where 
and 
k = Boltzman's constant (1.38 x 10-23joules/°K) 
Tk = the effective noise temperature in degrees 
Kelvin (290°) 
B.n = the effective noise bandwidth in Hz 
G = the gain of the receiver (21 dB) 
Nf = the receiver noise figure (6 dB). 
Expressing the above parameters in dB, 
N0 = -87 dlml/MHz of effective ~· 
(1) 
(2) 
Assuming an average Bn of 2 MHz, the value for N0 would be -84 dPm. 
Thus, the average signal to noise ratio would be 16 dB at the 1st 
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receiver's output, and 15 dB at the input to the envelope peak detector 
assuming an additional 1 dB degradation in noise figure caused by the 
log IF amplifier. Equation (1) indicates the eff ect of receiver noise 
figure and bandwidth on the output signal to noise ratio. The area o:f 
investigation concerned with the IF pass band characteristics is direct-
ly related to any degradation to this value of signal to noise ratio. 
The method of envelope detection employed in the log IF amplifier can 
be described as successive stage peak detection (9). The log IF 
amplifier is composed of five amplifier stages. There is a diode peak 
detection circuit at the input to each amplifier stage as well as at 
the output of the final stage. The output signals from each detector 
are summed together to provide a video output voltage proportional to 
the input signal level expressed in dlln. At the minimum input signal 
level, the video output signal is primarily composed of the output 
signals from the final two peak detectors in the amplifier chain. 
Assuming the signal to noise ratio at the input to the peak detectors 
is 15 dB, it can be shown that a 3 dB improvement can be expected 
from the peak detection prooesa under relatively high signal to noise 
ratio conditions (5). Thus a minimum video signal to noise ratio of 
18 dB is present at the input to the video threshold detector. A noise 
threshold level is maintained 10 dB above the average noise level of the 
receiver in the video threshold detector. At a video signal to noise 
ratio of 10 dB, the proba.bili ty that the signal will be detected is 50%. 
At a video signal to noise ratio of 14 dB, the probability is greater 
than 99~ ( 2 ) .~ Consequently, any signal at the minimum input level 
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should be easily detectable because of the 18 dB signal to noise ratio. 
As stated previously, the limiting factor in determining minimum 
sensitivity is system range. The limiting factor concerning the IF 
bandwidth is the necessity to pass the 1.6 microsecond pulses contained 
in one of the system signal :formats described above. The aotual 3 dB 
bandwidth is specified to be between 1.3 and 2.3 MHz. The noise 
threshold level of 10 dB was chosen to limit the number of :false signal 
indications presented to the computer verification logic. Whenever a 
signal indication is presented to the computer verificatiOn logic and 
the computer determines that this signal is not a system signal, there 
is a 30 microsecond period before the system regains its full capability. 
Consequently, the false signal indication rate should be minimized. The 
10 dB noise threshold level limits the number of false indications to 
50 to 100 per second. The noise figure of the receiver is limited by 
practicality and oost. A better noise figure could be obt ained but 
the data presented seems to indicate that 7 dB should be sufficient to 
obtain the required sensitivity. 
The poor sensitivity was detected by monitoring the approximate 
false signal indication rate of the receiver with an electronic counter 
and setting the noise threshold level until the expected value was 
reached. The receiver possesses an externally accessible adjustment for 
this purpose. Next, the receiver was driven with a pulsed RF signal 
at the correct input frequency and the threshold video output signal to 
the computer was observed on an oscilloscope. mhe RF input signal level 
was adjusted until it appeared that the input signal was being detected 
50~ of the time. This input signal level should provide a 10 dB 
signal to noise ratio at the detector. If the receiver were operating 
properly, the expected value would be -94 to -95 dBm, 5 dB below the 
minimum specified input signal level. The 3 dB enhancement of signal 
to noise ratio under strong signal conditions discussed earlier was 
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not considered when measuring the 50% detection point. The input signal 
level which caused the 50% detection condition was -90 to -91 dBm. 
This result indicates an apparent sensitivity 4 dB above that expected. 
The 10 dB signal to noise input level is used as the basis for compari-
son because of its ease of measurement. 
1. 45 MHz IF Band Pass Characteristics. The 45 MHz IF filtering 
which determines the noise bandwidth of the receiver is performed by 
two cascaded two pole lumped element band pass filters. The two 
filters are isolated from each other by a single stage transistor IF 
amplifier. The original receiver specification did not indicate the 
amount of ripple allowable in the pass band but did specify a 1 dB 
bandwidth as well as a 3 dB bandwidth. Consequently, it was assumed 
that as much as 1 dB ripple would be acceptable. In order to achieve 
a 6 dB noise figure, the IF filters were designed for a minimum amount 
of insertion loss. The resultant filter inductors were wound with #14 
guage magnet wire. The only variable component in the two pole devices 
was the coupling capacitor between the poles. This type of design made 
the filters difficult to allign and, consequently, once an acceptable 
pass band characteristic was achieved, no further tuning was attempted. 
Upon examination of the three engineering models completed, all of them 
exhibited a 1 dB ripple in the pass band. 
Fbllowing the discovery of the poor receiver sensitivity, it was 
decided to determine the effects of the bandwidth and ripple character-
istics of the IF filters on the signal to noise ratio characteristics 
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of the 1st receiver. In order to determine the signal to noise ratio 
characteristics, it was necessary to calculate the values of En for both 
cascaded Butterworth and cascaded Chebyshev filter responses. The 3 dB 
bandwidths for which En was calculated were the maximum and minimum 
specified, 2o3 and 1.3 MHz respectively. The noise bandwidth is 
1lrt a I H(jw0 ) 1-2 i;jw)2dw (3) 
where En = the noise bandwidth in Hz 
H(jw) = the frequency response of the network 
w0 = the radian frequency to which Bn is 
referenced. 
The value of w0 with which we are concerned is the center frequency of 
the filter as this is where the input signal will appear. 
As stated in section II, when working with En• calculation of a 
factor, K, relating ~ to the 3 dB bandwidth of a filter is convenient. 
Once K has been calculated for a particular H(jw), Bn can be calculated 
for any 3 dB' bandwidth by using the relationship 
where :s3dB equals the 3 dB bandwidth. Many values of K have been tabu-
lated for various common transfer functions including two cascaded two 
pole identical Butterworth response filters (3). The two filters 
present in the 1st receiver are identical. It has also been shown that 
the value of En for low pass filter configurations is the same for 
bandpass configurations {3). Because of the relative simplicity of low 
pass filter transfer functions, it was decided to calculate the values 
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of K from the low pass transfer :functions. One value of K would be 
calculated :for two cascaded Butterworth response filters and another :for 
two cascaded Chebyshev response filters with 0.5 dB ripple per filter. 
Upon determination o:f these values of K, En :for each :filter case in 
question can be determined. The term necessary :for the evaluation of 
K from the normalized low pass transfer functions of a general two pole 
device is 
(4) 
where A, B and C are constants dependent upon the response type desired. 
Fbr two cascaded stages, equation (4) must be squared. Upon substitu-
tion of the square of equation (4) into equation (3) and dividing by 
the selected 3 dB bandwidth, K was determined for both cases. The 
aotual calculations were performed using a trapezoidal integration 
technique on a digital computer. The program is described in Appendix 
A. 
The computation yielded 
KB = 1.04 
Kc = 1.22 
where KB = K (Butterworth) 
and Kc = K (Chebyshev) • 
The value obtained for KB agrees with Skolnik ( 2). Applying these 
results to the particular bandwidth values under consideration, the 
values of B for the Butterworth response are 1. 35 MHz and 2. 39 MHz. n 
Fbr the Chebyshev· case the values of Bn are 1. 59 MHz and 2. 81 MHz. 
Applying these values of Bn to equation ( 1) and then determining the 
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resultant signal to noise ratio at the output of the 1st receiver, 
it was shown that the Chebyshev response degrades the signal to noise 
ratio for a specified 3 dB bandwidth by a factor of 0.7 dB. The output 
signal to noise ratio values obtained were 17.7 dB for the Butterworth 
response compared to 17.0 dB for the Chebyshev response. These values 
were obtained using the minimum 3 dB bandwidth of 1. 3 MHz. Using the 
maximum 3 dB bandwidth of 2. 3 MHz, the resultant signal to noise ratio 
values were 15.2 dB for the Butterworth response and 14.5 dB for the 
Chebyshev response. 
A discovery was made concerning the calculations performed by 
Shelton and Adkins (3). Upon investigation it was found that the authors 
used the filter magnitude response at w equals zero as the reference 
point to determine the frequency where the response is down 3 dB. The 
common method for determining the 3 dB bandwidth is to measure the 
bandwidth where the output signal is 3 dB below the maximum signal 
transferred by the filter. Consequently, for even ordered Chebyshev 
response filters, this would not occur at zero frequency. Their (3) 
resultant values for B3dB and Kc are incorrect. These results were 
confirmed by comparing their value for a single two pole Chebyshev 
response filter with results obtained using the program written for 
the calculations performed above. 
The results of this investigation have shown that the 1 dB ripple 
which appeared in the IF band pass characteristics would cause a signal 
to noise ratio degradation of approximately 0.7 dB over that obtainable 
from a Butterworth response. This 0.7 dB degradation would not cause 
the receiver sensitivity to decrease the 4 dB measured. Upon consider-
ing the signal to noise ratio reduction due to ripple, it is understand-
able that the signal to noise ratio should not be reduced by more than 
the ripple present in the filter because N0 is proportional to the 
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area under the response curve divided by the filter's transmission 
coeffecient at center frequency. Since the Chebyshev response provides 
sharper cutoff characteristics than the Butterworth response, the area 
under the curve will be less for the Chebyshev response. The difference 
in transmi·ssion coeffecients is the passband ripple of the filter and 
if the area under the response curve remained constant, the change 
would be equal to the ripple alone. 
2. Receiver Noise F.i.gure Measurement. The next step in deter-
mining the cause of the poor sensitivity was the measurement of the 
total receiver noise figure. The particular 1st receiver used in 
obtaining the measurements had a noise figure of less than 6.5 dB 
and the log IF amplifier exhibited a noise figure of 10.3 dB. The 
resultant system noise figure can be calculated from the equation 
Nf = Nf1 + (Nf2/G1) (5) 
where Nf = the overall noise figure of the 
receiver 
Nf1 = the Nf of the 1st receiver 
Nf2 = the Nf of the log IF amplifier 
and G1 = the gain of the 1st receiver (21 dB). 
In performing the actual calculations, the numeric factors from which 
the dB values were derived must be used. The resultant noise figure 
is less that 6.6 dB and the noise figure of the log IF amplifier is 
negligible. 
Typical noise figure measuring equipment drives the device whose 
noise figure is to be measured with a calibrated noise level which is 
periodically switched on and off. The instrument measures the noise 
output signal from the device and compares the two output levels re-
sul ting from the two input levels. The instrument calculates the 
device's noise figure from these two levels. If there is any signal 
limiting in the device being measured, the noise figure indicated will 
be incorrect and in all probability worse than actual. This receiver 
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was designed to have the log IF amplifier's IF amplitude output signal 
limit on receiver noise. The reason for this was to present a random 
output to the computer from the biphase demodulator's data output. The 
computer uses this signal to generate an internal system test. The 
receiver is designed to have an overall signal gain of 111 dB , 21 dB 
in the 1st receiver and 90 dB in the log IF amplifier, with the log IF 
amplifier's output limiting at 0 dBm. The effective input noise power 
is -104 dBm. This means the receiver will limit on noise. Consequently, 
the receiver noise figure cannot be measured from input to output using 
conventional noise figure measuring equipment. 
The approach used to measure the noise figure for this investiga-
tion was to couple a small amount of the signal present at the output 
of the third stage of the log IF amplifier and use this as the signal to 
be delivered to the noise figure meter. Each differential amplifier 
has a gain of 18 dB, resulting in the total log IF amplifier gain of 
90 dB. From the input of the 1st receiver to the output of the third 
stage of the log IF amplifier there is 75 dB gain, not enough to cause 
limiting and, consequently, any signal sampled at this point when the 
input is below -75 dBm will have been linearly amplified. The signal 
was tapped using a one picofarad capacitor in series with a 50 ohm 
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resistor (load). This network presents a resistive load of greater 
than 100 kilohms and a shunt capacitance of approximately one pico-
farad to the collector of the output transistorG This loading had very 
little effect on the amplifier's performance. The amount of signal de-
livered to the 50 ohm load was attenuated approximately 24 dB from the 
level present at the output of the stage. This approach was used 
because of the intent to measure the receiver's noise figure while it 
was operating as it would in the system. Another technique which was 
used to measure the noise figure was to bypass one stage of the IF 
amplifier. This reduction of 18 dE gain would cause the output stage 
to operate in a linear mode. It was believed that this method did not 
represent the actual receiver operating conditions. The results from 
this technique will be described below. 
The results of the noise figure measurement using the tapped signal 
at the output of the third stage were very interesting and apparently 
provided an answer to the sensitivity question. The measured noise 
figure was approximately 12 dB~ Assuming a noise figure of 6.5 dB for 
the 1st receiver and using equation (5), the noise figure of the log 
IF amplifier would have to be 31 . .. 6 dB, a.n extremely high value. 
The results of the above test indicated an interface problem be-
tween the 1st receiver and the log IF amplifier. A 3 dB attenuator 
was inserted in the signal path between the two assemblies and the 
overall noise figure dropped from 12 dB to 10 dB~ If the assembly were 
acting as expected, the noise figure should have increased slightlyo 
Thus, by increasing the log IF amplifier's noise figure 3 dB, its 
effective noise figure dropped from 31 . 6 dB to 28.5 dB. In an attempt 
to eliminate the possibility that the noise level from the 1st receiver 
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was contributing to this condition, the noise figure of the log IF 
amplifier with a two pole band pass filter connected to its input was 
measured to simulate the final filter at the output of the 1st receiver. 
The resultant noise figure was greater than 15 dB, this being the 
limit of the noise figure meter when measuring a noise figure in the 
IF's frequency range. The input impedance of the filter and the log 
IF amplifier were measured to verif,y that a large mismatch did not 
exist between the two devices as this would cause a large overall 
noise figure (4). 
During initial design of the log IF amplifier, oscillation ten-
danoies were very predominant because of the excessive gain required 
to meet the specification. By placing metal shields on the printed 
circuit board and RFI gasket material at strategic points between 
the bottom of the printed circuit board and the chassis, the oscilla-
tions were eliminated. Although this shielding apparently increased 
the isolation from output to input to a value greater than 90 dB, it 
was hypothesized that the isolation might be close enough to 90 dB 
to cause regenerative problems dependent on source and load impedance 
characteristics. The results obtained from the noise figure measure-
ments indicated this possibility. Two other test results also seemed 
to support this theory. While measuring the noise figure of the entire 
receiver, by touching both the coupling capacitor matching the input 
of the log IF amplifier and the coupling capacitor matching the output 
of the log IF amplifier, the noise figure dropped to less than 8 dB. 
The 50~ threshold video output sensitivity was measured under this 
condition and the resultant sensitivity was approximately 4 dB better 
than the previously measured value. This indicated no detuning or loss 
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of signal gain which might have improved the noise figure characteris-
tics. The other test resulted in the noise figure increasing to 14 dB 
when the load impedance connected to the output of the log IF amplifier 
was removed. This load removal resulted in an additional 6 dB of 
voltage gain in the log IF amplifier. 
Considering the test results described above, it was decided that 
the problem was in the log IF amplifier and the solution which would 
be sought would be better isolation from output to input. The first step 
was the elimination of one of the five differential amplifier stages 
from the amplifier circuit. This increased the effective isolation 
from output to input by reducing the input to output gain factor by 18 
dB. The fact that the last stage was always limiting, even on noise, 
seemed to make its presence unnecessary. Upon examination of the biphase 
demodulator, it was found that it contained sufficient dynamic range 
to provide a noise generated output without the final stage of amplifi-
cation in the log IF amplifier. The receiver was also tested to verifY 
that the proper logarithmic response was achieved from the four stage 
amplifier. This was necessary to insure that the noise threshold 
circuit in the video threshold detector would still perform within 
specification. 
Another step, which was taken to improve isolation, was the division 
of the circuit board into two separate printed circuit boards. The 
first circuit board contained the first two differential amplifiers and 
the first three peak detectors; the second board contained the final two 
differential amplifiers, the final two peak detectors and the video 
summing amplifier. Care was taken in layout of the new ciroui t boards 
to eliminate possible feedback paths and long high impedance copper runs. 
An existing circuit board was cut into two pieces and the existing 
chassis was modified by mounting a brass wall in the appropriate 
compartment with conductive epoxy. This modified receiver was tested 
and exhibited an overall noise figure of less than 8 dB and also met 
its sensitivity specifications. 
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As stated above, the results from an attempt to measure the noise 
figure of the receiver by bypassing the gain of one stage would be 
described. An interim test performed during the above investigation 
by bypassing one stage of gain was performed and the result was a 
receiver noise figure of 8 dB. This test was performed prior to 
obtaining the above results. The final outcome of the investigation 
resu~ted in the same action, namely removal of a stage of IF gain. 
However, at the time these bypassing results were obtained, by 
abandoning normal receiver operation, the problem would not have been 
understood as well. It should also be noted that the noise figure of 
the 1st receiver which was measured to be approximately 6.5 dB degraded 
to 7.5 dB when the 1st receiver was mounted in its chassis enclosure. 
The fact that the receiver•·s noise figure was less than 1 dB out of 
specification was not criticized. 
B. Biphase Data and Doppler Shift Error. The second area of 
investigation was concerned with the incorrect biphase data demodulation 
and Doppler shift processing obtained during system flight testing. 
Because the problems did not occur during bench testing, multipath inter-
ference was initially assumed to be the cause of error. The fact that 
this was the cause was determined by a simple experiment in the labora-
tory. With two systems hard lined together, one acting as a transmitting 
source, the received 2nd IF from the 1st receiver of the receiving 
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system was divided into two paths, one passing through a variable 
attenuator and the other passing through a one microsecond delay line. 
These two signals were summed together at the input of' the 2nd receiver. 
The cable lengths were adjusted in the separate paths to provide a 90° 
phase shift between the two signals at the summation point. With this 
input condition the 2nd receiver could be driven with a direct signal 
and a one microsecond delayed signal which was in phase quadrature and 
the relative level between the two signals was variable, a condition 
simulating phase quadrature specular multipath. The reason for choosing 
a 90° phase shift is easily shown. The biphase data output signal 
from the receiver and processed Doppler shift output signal from the 
discriminator were monitored as the ratio of the direct path to delayed 
path signals was decreased. At a direct to delayed path signal level 
ratio of 9 dB, the biphase data and processed Doppler began to ran-
domly provide false information. With this preliminary result, it was 
decided to attempt to analyze and simulate the performance of the 2nd 
receiver in the presence of a. mul tipath signal and to design and build 
a multipath simulator which could be used to easily provide for much 
more conclusive testing and eventual design improvement verification. 
The above results were obtained at a direct path input signal level 
approximately 30 dB above the minimum specified input signal level to 
the 2nd receiver. Consequently, the question of error due to low 
signal to noise ratio conditions was not considered. 
The 200 microsecond range pulse of the 2nd signal format described 
in section I is the received signal of interest. The first 40 micro-
second period of the signal is labeled the preamble and is a constant 
phase. With respect to the demodulated biphase data, this phase serves 
as the reference. The next 120 microsecond period may contain biphase 
modulated information. The remaining final 40 microsecond period is 
labeled the postamble and is the same phase as the preamble. The 
Doppler frequency shift is determined from the signal received between 
the 38 microsecond point and the 198 microsecond point by integrating 
the output of a crystal discriminator circuit, which had been calibrated 
during the preceeding empty message time interval. The biphase modula-
tion is specified such that during phase tra.nsi tiona the amplitude of 
the signal is significantly reduced to prevent frequency spectrum 
spreading. The data is transmitted in a. non return to zero space format, 
where a phase transition indicates a zero data bit and no phase transi-
tion indicates a one data bit. The bit time is referenced to a marker 
bit or phase transition located at the beginning of the biphase modula-
tion period. Fbr correct data detection to take place, a phase transi-
tion must be detected and sent to the computer within 0.4 microseconds 
of an integral number of microseconds from the marker bit phase transi-
tion with the integral number of microseconds being the actual time 
delay of the transmitted phase transition with respect to the trans-
mitted marker bit. 
The log IF amplifier and biphase demodulator are the two sections of 
the 2nd receiver which are involved with processing the biphase 
modulated data. The log IF amplifier provides a limited 2nd IF output 
signal to the biphase demodulator. The biphase demodulator accepts 
the limited 45 MHz IF signal and employs a carrier restoring 
technique to decode the suppressed carrier biphase modulated data. 
The log IF amplifier was described previously. A functional block 
diagram of the biphase demodulator is presented in Figure 3, page 31. 
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Figure 3. Biphase Demodul ator functional block diagram. 
The biphase demodulator accepts the l:imi ted IF signal and drives two 
separate signal paths. In the first path the signal is passed through 
a square law device, in this instance a full wave rectifier. This 
square· law device removes the phase modulation from the IF signal. 
The full wave rectifier generates the absolute value of the input 
signal. Assume that the preamble of the received range pulse is of 
the form 
s(t) = sin (w0 t + Q), (6) 
where w0 is the IF frequency and Q is some arbitrary phase angle. At 
the marker bit the IF changes phase by 180°, resulting in 
or 
s(t) =sin (w0 t +· g + 180°) 
s(t) = -sin (w0 t + g). (7) 
The absolute values of both equations (6) and (7) are equal and conse-
quently the phase transition information has- been removed. 
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The full wave rectifier does not, however, remove any amplitude 
variations which may be present on the IF signal during the phase tran-
sitions. The limiting present in the log IF amplifier removes a major 
portion of the amplitude variations but a band pass filter with a Q 
of 90 centered at 90 MHz, twice the IF frequency and the predominant 
:frequency in the full w~ve rectified signal, is used to remove part of 
any remaining amplitude variations of the signal. An emitter coupled 
differential amplifier following the high Q filter provides limiting 
to fUrther remove any amplitude variations. This filtered and limited 
90 MHz signal is used to clock an emitter coupled logic, divide by two; 
:flip-flop circuit, the output of which changes state every 90 MHz 
33 
period, thus dividing the input frequency to the fiip-flop o:ircui t by 
a factor of two. This divided signal is a phase stable replica of the 
IF signal with the biphase modulation removed~ A portion of this signal 
is used by the discriminator for Doppler shift processing. The 
remaining portion is amplified and used to drive a phase detector, which 
demodulates the IF signal, resulting in biphase data. A double balanced 
mixer is used as the phase detector. The other input signal path to 
the phase detector passes through a variable phase shift network. 
The drive signal from the frequency divide by two network can be 
expressed as 
sr(t) = sin (w0 t + Q + ¢), 
where ¢ is the phase shift introduced by delay and band pass f'il ter 
phase characteristics. T.he other input signal to the phase detector 
is 
s(t) = sin (w0 t + Q + YJ ) 
followed after a phase transition by 
where l/J is the phase shift introduced by the variable phase shift 
network. The difference frequency signal out of the phase detector is 
followed after a phase transition by 
r(t) = 4eos (~' - tp ). 
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The angle~ is manually adjusted during the biphase demodulator's initial 
alignment to a. value that maximizes the absolute value of r( t), namely 
~ =¢or~=¢- 180°. 
The output signal from the phase detector is passed through a one 
MHz low pass filter to remove all other detector output signals which 
might interfere with r(t). The value of r(t) is then presented to a 
voltage comparator (Fairchild uA710) referenced to ground potential 
to provide a biphase data signal capable of driving a TTL (Transistor 
Transistor Logic) load. Since it is not known whether cp will be set to ~ 
or~- 180°, although from unit to unit the result will normally be 
the same, or on which cycle the flip-flop will begin to divide, the 
initial output level of the biphase data during the preamble is unknown. 
However, whether one or zero, it is used as a reference for the message 
with phase transition decisions being made using this initial reference 
level. 
The fact that this log IF amplifier-biphase demodulator combination 
consistantly produced errors at a phase quadrature multipath relative 
level of -9 dB was considered unacceptable. It was realized that the 
effects of the multipath interference could not be eliminated, but a 
decision was made to attempt to improve the performance. Another result 
from the preliminary test performed was the fact that the biphase data 
information and the Doppler shift information would produce errors at 
the same instant in time. Consequently, it was decided to initially 
limit the investigation to performance of the biphase data problem 
assuming that a solution to it would prove to be a solution to the 
Doppler processing problem also;. 
1. Analysis of Biphase Data. It was decided that in order to 
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determine and understand the cause of the data errors, a general analysis 
of the 2nd receiver signal processing functions should be performed. 
The approach selected was to derive a mathematical model of the log 
IF amplifier as a hard limiting amplifier and a mathematical model 
of each block in Figure 3 of the biphase demodulator and determine 
the resultant effect each has on the multipath corrupted input signal. 
The input signal used in the analysis was composed of a direct path 
component and a delayed attenuated reflected path component. It was 
realized that this model was not the most complete but it was decided 
that it was sufficient for the initial investigation. The portion of 
the received signal where the errors would occur would be those points 
in time when the direct or reflected path signals were undergoing phase 
transitions. Consequently, the input signal to the log IF amplifier 
was modeled as 
where 
and 
x(t) = cos(wct)cos{wmt) + a cos(wc(t-d) )cos(wm(t-d)) (8) 
wc = the IF carrier frequency of 45 MHz 
Wm = the modulating frequency of 500 KHz 
a = the attenuation factor for the del~ed path signal 
d = the time delay of the reflected path. 
The modulating signal causes a 180° phase transition of the carrier 
frequency every microsecond, the maximum trans:i. tion rate present in the 
system. The model also assumed that when the direct path was reflected, 
no phase shift was encountered• This was not necessarily a good assump-
tion, but was used here to limit the number of variables to three. 
The first step in the analysis was to determine the resultant 
signal at the output of the log IF amplifier. The phase characteristics 
of the amplifier were not considered at this point but will be discussed 
in section 3. The function used to model the limiting characteristic of 
the amplifier was 
where 
y(t) = sgn(x(t)) 
sgn(x(t)) = +1 when x(t) is greater than zero 
= 0 when x(t) is zero 
= -1 when x(t) is less than zero. 
It can be shown that 
CliO 
S -:L. exp (jwA)dw = sgn (A) JW 
-00 
(9) 
using the facts that cos(wA)/w is an odd function and sin(wA)/w is an 
even fUnction and the relationship 
00 ) sin wA dw = +1 if A is greater than zero w 
0 = 0 if A is equal to zero 
= -1 if A is less than zero. 
Equation (8) was substituted for A in equation (9) above and after 
much manipulation an integral was arrived at containing a summation of 
modified Bessel fUnction terms of the first kind. The general term 
within the integral was 
where 
IK(jAw/2)IJ(jCw/2)cos K(ct+B) cos J(bt+D) 
K and J = general orders ranging from 0 to oo 
1 
A= {(1+a cos od) 2 + {a sin cd)2)2 
C = {(1+a cos bd) 2 + (a sin bd) 2)t 
and 
B- = Tan-1 ((-a sin od)/(1+a cos cd)) 
D = Tan-1((-a sin bd)/(1+a cos bd)) 
o = we +Win 
b = we - Wm• 
Because of the fact that the amplifier is of the band pass type, only 
the general terms where the magnitudes of K and J differed by a value 
of ±1 were selected. These selected modified Bessel fUnction terms 
were reduced to regular Bessel fUnctions by making use of the equation 
The resultant summation of integrals could onlT- be evaluated using 
equation number 11.306 from Wheelon (10 >. Because of the complexity 
of this equation and its dependence on the reflected path signal 
parameters, this particular analysis attempt was abandoned. However, 
the same approach was applied to a multipath free input signal similar 
to equation (8) with the reflected path amplitude equal to zero. The 
resultant limited output signal was of the form 
y(t) = cos(w0 t) • (cos wmt + cos3wmt + cos5~t •••). 
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This solution would be expected as the limiting amplifier has trans-
formed the cosine envelope function to a square wave envelope function. 
The two derivations above required about one week of work and it 
was decided that obtaining a general solution might be too time con-
suming. It was decided that the analysis approach would be discontinued 
and a simulation approach would be attempted in order to obtain an 
understanding of the receiver performance. 
Before leaving the area of analysis, a few items should be mentioned 
concerning any future work which might be performed. The full wave 
rectifier is a square law devic-e and the analytic model for it would 
produce only terms near twice the IF frequency •. _ At this point the signal 
would contain definite FM components. The narrowband 90 MHz filter 
will produce an amplitude varying signal bec-ause of the filtering 
action on these FM components. The limiting amplifier would again be 
modeled as before. However, a much more complex input expression would 
probably exist. The frequency dividing flip-flop circuit would present 
some modeling problems but perhaps an attempt could be made to divide 
the phase function of its input signal by a factor of two. 
The problem in the other signal path is to select and implement 
the phase shift network. Perhaps one method would be to perform the 
above analysis for a multipath free signal and compare the phase at 
the flip-flop's output to the input phase and introduce a phase shift 
to the input signal to bring the two signals entering the phase 
comparator into a common phase. This is the method used to perform 
this alignment operation in the actual receiver. . The phase detector 
simply multiplies the two signals together and the low pass filter 
at the output of the detector could be implemented by only considering 
the low :frequency terms of the product. These low :frequency terms 
would contain the biphase data and would have to be analyzed :for the 
desired error causing results. 
As can be seen this analysis could become quite involved and time 
consuming and, as stated aoove, a decision was reached to discontinue 
it. However, it would probably prove to be very challenging and its 
solution very interesting. It is unfortunate that more conclusive 
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results were not obtained. 
2. Computer Simulation of Log IF Amplifier-Biphase Demodulator 
Combination. Because of the analysis problems encountered above, a 
computer program was written in FORTRAN for use on a digital computer, 
which would simulate the operations of the individual blocks presented 
in the biphase demodulator block diagram as well as the limiting action 
of the log IF amplifier. The purpose of the program was to determine 
the multipath limitations of the 2nd receiver and compare these results 
with the actual limitations measured in the laboratory. This simula-
tion would not replace the preferred analysis, however, because of the 
inability to simulate all possible input condi tiona without spending an 
excessive amount of computer time. Use of a fast Fburier transfor.m 
algorithm made the simulation lesscomplicated because it fascilitated 
transforming from the time domain to the frequency domain and baok 
again. The program along with a description is contained in Appendix 
B. Before the results are discussed a number of items which pertain 
to the simulation should be mentioned. 
The input signal used in the simulation was not the same as t he 
one used for the analysis portion of the investigation. The direct 
path component is similar, but the reflected path signal is a CW signal 
with a variable amplitude and phase component. The simulation used this 
signal as opposed to that used in the analysis attempt because of 
its ease of implementation in the multipath simulator. This particular 
signal model is realistic because it simulates a delayed preamble 
segment superimposed on directly received data bits. Although the 
actual input signal is 200 microseconds in length, this simulation 
considers only a two microsecond segment containing two phase 
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transitions. However, this could be considered to be any two micro-
second period in the 120 microsecond biphase modulated period of the 
range pulse. At the beginning of a simulation run, a relative multipath 
amplitude in dB (FACT) and phas~ shift in degrees (PHI) is entered into 
the computer access terminal to select the multipath conditions to 
be simulated. 
The second item to be discussed concerns the fact that this digital 
simulation samples the signal at discrete points in time, namely every 
1.95 nanoseconds. The frequency divide by two circuit in the simula-
tion change·s state on the first time sample which detects a negative 
going zero crossing. This flip-flop change of state could be in error 
by as much as this 1. 95 nanosecond sample period because the previous 
sample value may have been close to zero magnitude. This is a phase 
shift of 31.6° at 45 MHz and, consequently, could cause some error in 
the data produced. One method to improve the simulation would have 
been to sample the signals more often, but this would increase the time 
and cost of a computer run. Another hindering factor was that the 
present storage transfer capability of the computer from main program 
to subroutine limited the subroutine to 1024 data points. 
A third i tam is the method which was used to simulate the variable 
phase shift network. The program described in Appendix B was run with 
the multipath signal absent and the output of the phase detector was 
examined before the low pass filtering operation in order to determine 
the correct amount of phase shift to be added to the other signal path 
for optimum detection. The other input signal to the phase detector 
was generated two different w~s because of the difficulty of shifting 
the phase of a limited signal in this program. The method used in the 
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program described in the appendix was to generate a phase shifted input 
signal's data points, limit this signal and store its data points. 
Following this operation, the regular unshifted received signal was 
processed by the block diagram simulation to generate the restored 
carrier, and at the phase detector the two signals were multiplied 
together. Another method which was attempted was to generate the phase 
shifted signal data points and use this linear signal as one of the 
inputs to the phase detector. The results of both simulation runs were 
the same with respect to the relative level and phase shift, where the 
demodulated biphase data began to decode incorrectly. 
One other parameter which may be varied and must be selected at 
the beginning of a simulation run is the Q or bandwidth of the 90 MHz 
band pass filter. The levels at which the signal failed to decode 
properly were very dependent upon the value of Q selected. 
The results of the simulation runs are plotted in Figure 4, page 42. 
The plot indicates the highest reflected path level with respect to 
the direct path where correct data was detected. One interesting 
point to be noted is the value of 10 dB at 90°. This value is the 
same as the value obtained in the initial test run to determine the 
area of poor performance. However, it will be shown in section 3 
that the simulation and actual receiver do not operate in entirely 
the same manner and that the cause for false decoding in the real 
receiver was a thresholding problem rather than a phase shift problem. 
One other interesting point was the apparent 4 dB improvement factor 
resulting from a reduction of the 90 MHz bandwidth from 1 MHz ~o 100 KHz. 
This filter bandwidth reduction is possible to implement in the 
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Figure 4. Performance comparison of biphase demodulation techniques. 
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An attempt at doing just this was made but the results indicated no 
improvement, a fact which will be explained below. 
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One portion of the simulation program which could have been improved 
was the variable phase shift network. A phase shift network could have 
been modeled in the frequency domain and, by use of the fast Fburier 
transform, the limited input signal to the biphase demodulator could 
have been phase shifted just as in the actual hardware. 
3. Experimental Results of Mul tipath Testing. This area of inves-
tigation provided the opportunity to test the actual hardware , deter-
mine its limitations as well as readily determine any performance 
improvements which might result from experimentation. 
The first item to be discussed concerns the selection of the phase 
quadrature reflected path component during the initial test performed 
to verify that multipath interference was the cause for the biphase 
data and Doppler errors. An input signal to the 2nd receiver, which 
is composed of a direct path component undergoing a phase transition at 
t equals zero and a reflected path component which does not undergo a 
phase transition, can be represented by 
s1(t) = sin w0 t + A sin(w0 t + Q) t > o 
s2(t) = -sin w0 t + A sin(wct + Q) t < O 
where A = the reflected path relative amplitude level 
and Q = the reflected path arbitrary phase angle. 
As the value of A approaches unity, it can be shown that for the value 
of Q equal to 900 the magnitude of the two signals defined above remains 
equal to each other. Fbr values of Q other than 90°, the values of 
s1(t) and s 2 (t) begin to differ as A approaches unity. In an attempt 
to initially eliminate any receiver phase shift characteristics due to 
input signal level, the phase quadrature reflected path component was 
chosen. 
In order to better evaluate the performance of the receiver, a 
multipath simulator was designed and built. A block diagram of the 
simulator is presented in Figure 5, page 45. T.he simulator is capable 
of delivering a 200 microsecond variable amplitude biphase modulated 
direct path signal summed with a constant phase reflected path component, 
where the phase and amplitude of the reflected path are variable. The 
simulator is also capable of delivering a delayed replica of the direct 
path, the time delay being dependent upon the delay line placed in the 
reflected path's access port. The phase and amplitude of this delayed 
signal are also variable. After the direct and reflected paths are 
summed together, the resultant signal is passed through a 45 MEZ band 
pass filter similar to the filters used in the 1st receiver. This 
simulator provides a very versatile means of producing a multipath 
signal. 
Using the multipath simulator to drive the input to the 2nd receiv-
er, the two output signals from the biphase demodulator were examined. 
The signal from the multipath simulator, which was used predominantly 
during these tests, contained a constant phase reflected path component. 
This method produces a signal similar to the model used in the simulation 
program. With the phase of the reflected path set to 90° with respect 
to the preamble phase of the 200 microsecon~ range pulse, at a reflected 
path level 9 dB below the direct path level, the biphase data output 
began to miss transitions. The 90° angle was again chosen initially 
to eliminate any receiver dynamic range phase characteristics, a 
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characteristic not considered in the simulation program. The 45 MHz 
output signal to the discriminator was examined with an oscilloscope 
at the same point in time that the data signal was missing phase 
transitions. It was noted that there was a small amplitude dropout in 
the IF output signal whenever a phase transition was missed. T.his 
signal dropout seemed to indicate that the divide by two circuit was 
working incorrectly. The 90 N.Jiz input signal to the dividing flip-flop 
was observed, and it was discovered that there was a dip in the amplitude 
of the signal at the same instant that the output signals were producing 
errors. It was evident that the flip-flop was not getting sufficient 
amplitude variation to clock on every 90.1 MHz cycle and c.onsequently the 
45 MHz output signal was slipping 180° per missed togglee The signal out 
of the 90 MHz band pass .. filter before the limiting amplifier displayed 
even more of an amplitude dropout than the signal at the input to the 
flip-flop. The full wave rectified signal entering the 90 MHz filter 
had a very flat amplitude characteristic and, consequently, it was 
assumed that this fUll wave rectified signal contained an FM component 
that was being filtered by the band pass filter. A multipath input 
signal to the 2nd receiver can be expressed as 
s(t) = cos wmt cos w0 t + A cos (w0 t + 9), 
where again A is the relative level between the direct path and the 
reflected path and Q is the arbitrary phase shift between the two 
signals. This signal can be expanded to 
s(t) = ((cos wmt +A cos 9) 2 + A2sin2Q)t • 
cos(w0t + tan-1(A sinQ/(oos wmt +A cos Q))). 
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Passing this signal through a hard limiter such as the log IF amplifier 
will reduce the amplitude variation but not the phase variation. 
Because this signal is passed through a square law device, the phase 
can be multiplied by a factor of two to obtain the phase angle term 
of the 90 MHz signal to be operated on ~Y the band pass filter. This 
resultant 90 MHz signal is a phase modulated signal with phase. variations 
ranging over values of ¢ defined by the values of cos wmt, A and Q in the 
equation 
¢ = 2 tan-1(A sin 9/(oos wmt +A cos Q)). 
During the phase variation, the energy in the signal is not at the 90 MHz 
center frequency and the output of the filter reflects this by producing 
amplitude variations. As the value of d¢/dt approaches zero, the fre-
quency returns to twice the IF :frequency. The instantaneous frequency 
deviation can be found by taking d¢/dt. The maximum instantaneous fre-
quency deviation occurs when Wmt equals ±1f/2 a.nd is 
and mey be large for small values of A. The above analysis develops 
the fact that as A increases, the phase deviation between the two 
90 MHz signal components increases and approaches 180° as a limit. 
This signal at 90 MHz is similar to the multipath free biphase modulated 
signal normally processed by the receiver. The effects of narrowband 
filtering of this 45 MHz signal can be observed at the output of the 
1st receiver. · The envelope of this signal goes to zero amplitude during 
the phase transition. Consequently, the amplitude variation observed 
at the output of the 90 MHz filter should be expectedo At a. value of 
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Q equal to 90° and A equal to .1355 (-9 dB') the values of ¢ are approx-
imately± 40° and the total phase deviation is 80°, a significant phase 
variation. 
Two attempts were made to improve the performance of the biphase 
demodulator. The first consisted of providing approximately 40 dB-
of gain at the output of the 90 MHz band pass filtere This improved 
performance approximately 1 dB. At this input signal level where the 
reflected path was down 8 dB the filtered signal passed through a zero 
transition and this null could not be amplified sufficiently to cause 
the flip-flop to clock. 
The second attempt to improve performance was to reduce the band-
width of the 90 MHz filter to 100KHz. by replacing the lumped element 
filter with a monolithic crystal filter. ' This attempt did not improve 
performanc:e, again because of output amplitude variations. 
The results of this investigation can be compared to the results 
of the simulation described in the previous section. The fact that both 
the simulation program and the laboratory investigations produced errors 
at approximately 9 dB in a phase quadrature mode seems to indicate that 
the phase of the 90 MHz signal has shi:fted a significant amount such 
that a zero volt threshold level on the flip-flop would not have pro-
vided any improvement. The flip-flop in the simulation model needs 
only a zero crossing to toggle. The fact that the narrow band crystal 
filter did not provide the improvement factor displayed by the simulat i on 
program was disappointing. Perhaps a lower threshold level on t he flip-
flop would have provided better performance in this particular instance. 
The amplitude dropout·: at 9 dB was too low to make the flip-flop toggle. 
The thought of attempting to add 40 dB of gain to this particular 
49 
circuit board was discussed and decided against because of its present 
crowded condition. Another factor was that the repeatability of the 
threshold level of the flip-flop was questioned and it was decided to 
seek an alternate. method of demodulating the biphase data and processing 
the Doppler frequency shift by eliminating this frequency divide by 
two approach. 
The results of a series of laboratory receiver tests are plotted 
in Figure 4, page 42. This data was taken from an unmodified receiver 
operating without the additional gain or narrowband filtering. Note 
that at ±90° phase shift the results are comparable to the simulation 
results. However, away from the phase quadrature position of the multi-
path component the results are not symetric as might be expected. T.his 
condition is apparently due to the phase characteristics of the log IF 
amplifier. It can be seen that the log IF ampl ifier improves performance 
at some phase angles and degrades it in others with respect to symetric 
operation. 
The phase. characteristics of the log IF amplifier were measured 
and it was :found that the output phase changes with respect to the in-
put phase by a factor of 32° per 10 dB increase of input signal level. 
An example of the way this phase shift characteristic can increase or 
decrease the phase shift between the two 90 MHz signals derived from 
a 45 MHz biphase modulated signal is presented in Figure 6, page 50. 
In this :figure Q is the actual phase differenc-e including the phase 
characteristics of the log IF amplifier and ¢ is t he ideal phase 
difference which would result without the eff ect o:f the log IF amplifier 
variations. It can be seen that nonsymetric results of the measured 
performance of the receiver with respect to the multipath phase angle 
¢=INPUT PHASE 
9=0UTPUT PHASE 
.Figure 6. Phasor representation of phase error 
introduction of log IF amplifier. 
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should be expected as shown in Figure 4. 
4. Alternate Solutions for Improved Receiver Performance. With 
the decision having been made to seek an alternate approach to improve 
the performance of the receiver in a multipath environment, two items 
had to be considered. The first was ease of implementation. The new 
approach, whatever it may be, would have to fit in the existing hard-
ware and not deviate drastically from the present cost of the system. 
The second item to be considered was that definite test results would 
have to be produced showing a marked improvement. 
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a. DPSK Demodulating Circuit. The first technique to be considered 
was a DPSK (Differential Phase Shift Keying) technique which utilizes 
a one microsecond delay line in place of the square law device and the 
frequency divide by two circuit. It was decided that the technique 
was feasible and would fit into the existing hardware. A breadboard 
circuit was built utilizing the log IF amplifier as a signal source. 
The performance of t his circuit was limited to levels shown in ln.gure 4, 
page 42, for slightly different error reasons than the original biphase 
demodulator circuit board. Where the original errors were results 
of phase transition skipping, the errors produced by t his DPSK technique 
were results of timing errors. As discussed previously all phase tran-
sitions are referenced to t he original marker bit phase transition. 
All subsequent phase transiti ons must fall within a specified time 
window or they could be detected as an erroneous value. The relative 
level at which the demodulator failed to perform correctly when the 
reflected path phase angle was at ± 90° was at -2.5 dB, a level 
approximately 6.5 dB better than the previ ous biphase demodulator's 
performance. The effect of the log IF amplifier's phase characteristics 
should again be noted. 
One problem with the implementation o:f this technique is the :fact 
that there is no restored carrier signal for the discriminator. 
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However, . the discriminator is designed such that by changing a converter 
LO frequency, adjusting a scale factor and providing a square law device, 
namely a full wave rectifier, the Doppler shift could be process.ed 
without the frequency dividing circuit. These changes were performed 
to an existing discriminator and it provided acceptable processing 
results for reflected path input levels of 0 dB at all phase angles. 
Another problem which resulted :from this type of detection was the 
generation of NRZ..level biphase data as opposed to the NRz-space data 
which was generated previously. The low pass filter at the output of 
the phase detector was lowered in bandwidth from 1 MHz to 500 KHz, the 
maximum data rate. This was done because of a new phase detector 
product term which could cause the low frequency output signal to 
approach zero volts when no data level change was required. When the 
input phase to the rec.eiver is changing every microsecond, it can be 
shown that the phase detector is forming the product 
r(t) = (COS wmt COS Wct)(-COS wmt COS w0 t). 
F.rom this it can be shown that the low frequency component of this 
signal is 
r' (t) = icos(2wmt) - i 
At values of 11Jn t equal to integral multiples of1l'", this signal is equal 
to zero and could cause undesired output data level transi tiona. With 
a three element, 1 dB ripple, low pass filter with the 1 dB bandwidth 
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equal to Wmt the problem was eliminated. It was also found that the 
computer could be easily modified to accept the NRz-level data. Before 
all of the above changes were authorized, however, one other approach 
was attempted. 
b. Inj action Locked Oscillator Divide by Two Circuit. Because of 
the fact that part of the sensitivity problem was in the frequency 
divide by two circuit it was decided to attempt to divide the doubled 
IF frequency by injection locking a 45 MHz oscillator with the 90 MHz 
doubled IF signal& If improved performance could be obtained, the 
amount of assembly rework which would have to be performed could be 
kept to a minimum. Because of the time element involved and the fact 
that a much improved technique had already been found, a two d~ limit 
was placed on the experiment. A single stage Colpitts oscillator was 
built and the 90 MHz doubled IF signal was injected into the base of 
the transistor. In the absence of multipath the circuit performed 
well. However, in the presence of a multipath corrupted signal this 
technique performed approximately the same as the original biphase 
demodulator. 
The 45 MHz signal generated in the absence of mul tipath was used to 
test the frequency discriminator and a 90 to 140 knot offset error was 
observed. Unless this could be improved upon, the circuit would be 
unacceptable for system implementation regardless of any further 
improvement in biphase data demodulation performance. The bandwidth 
of the oscillator was first halved and then doubled to determine any 
effect the bandwidth might have on the Doppler offset. The results 
were negative and consequently this approach was discontinued. 
It was decided to implement the DPSK technique of demodulating the 
biphasa data and changing the discriminator and computer assemblies to 
accept the different signal formats. The signific.ant improvement in 
performance seemed worthy to warrant the change in the engineering 
development model equipment. 
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IV. Conclusion 
The results of the investigations performed demonstrate that the 
performance of the receiver was improved considerably with respect to 
both video sensitivity and multipath interference. T.he investigation 
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of the effect of band pass ripple on t he 1st receiver signal to noise 
ratio proved to be relatively insignificant but it did indicate the 
result that using a two pole Chebyshev filter will reduce the output 
signal to noise ratio of the receiver when compared to the value obtained 
when using a Butterworth response filter. 
The results of the noise figure investigation are very interesting. 
It must be concluded that extreme care is necessary in t he design and 
layout of a high gain amplifier. This fact is true due to the effect 
feedback has on the noise figure characteristics. A better analysis of 
the log IF amplifier before initial design probably would have eliminated 
the necessity for the fifth stage of amplification and the sensitiVity 
problem as a whole. 
With respect to the work performed on the biphase demodulator 
processing problem, it was unfortunate that the analysis attempt proved 
unsuccessful. However, the simulation program and laboratory investi-
gation produced similar results at the multipath conditi on where the 
phase characteristics of the log IF amplifier could be neglected. 
Through experimentation it was also shown that t he DPSK del~ line 
demodulation approach was approximately 8 dB better than the original 
approach attempted. The effect of the log IF amplifier 's phase char-
acteristics on t he mul tipath performance was also discussed. One item 
which the entire investigation demonstrated was the consideration which 
must be taken with respect to mul tipath in the design of an airborne 
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communication system. 
These investigations definitely aroused interest in the multipath 
analysis problem and the techniques necessary to perform it. It would 
be interesting to eventually complete the analysis of the biphase 
demodulator and arrive at the results obtained through simulation and 
experimentation. However, as pointed out previously, the solution 
would apparently be time consuming. It would also be interesting to 
modify the simulation program to accommodate the log IF amplifier phase 
characteristics and the variable phase shift network. 
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Calculation of Noise Bandwidth Factor 
This appendix presents the computer program used to calculate the 
noise bandwidth factor K(FACT) and the 3 dB bandwidth of a series of 
identical two pole low pass filters with a normalized transfer function 
for a filter of 
H( s) = 1 • -s"""2-+~A:-s-+~B 
The program asks for the variables A and B, the pass band ripple (RIP) 
in dE, and the number of filters to be cascaded (N). The program prints 
out the ripple factor squared (FAOT1), the noise bandwidth factor K(FACT), 
the 3 dB bandwidth (W3DB), and the input variables A and B. The program 


























NOISE SNDWIDTH FACTOR PROGRAM 
PRINT 4 
~RN.AT (14HLIST A,B, RIP,N) 












IF(E1."GT.O. 5.AND.E •. LE.O. 5)W3DB=W-•. 01 
E2=( (E+E1 )/2. )* (W-W1:)+E2 
E1=E 
W1=W 
IF(I •. EQ.1 )FACT1•E 
FACT=E2/(FACT1*W3DB) 
PRINT ' 2,FACT1, FACT, W3DB, A., H 
~:RM.AT (/5E10o.3/) 
READ,KNTRL 




Biphase Demodulation Simulation Program 
This appendix documents the multipath simulation program discussed 
in section III.B.2 of the thesis. The following explanation separates 
the program into sections of lines and describes the function of each 
section. The program is listed following the explanation. The program 
i e written in FORTRAN - IV. 
1000-8505. The program reads the input data a.nd calculates certain 
factors to be used throughout. 
8510-8770. The program generates the signal to be passed through 
the variable phase shift network of the biphase demodulator, limits and 
filters it, and stores it in Y(I). 
9000-34000. The program generates the actual received signal, 
limits and filters it the same as above. The 45 MHz filter is ideal and 
has a bandwidth of 5 MHz. 
35000-57000. The filtered input signal is rectified and filtered. 
The rectification is performed by taking the absolute value. The 
filtering is performed using the actual frequency characteristic of a 
one pole filter as opposed to using the characteristic of an ideal filter. 
58000-80000. This section simulates the flip-flop, the phase 
detector and the low pass filter. A 1.5 MHz bandwidth was used for the 
low pass filter because of its ideal characteristic. 
81000-93000. The signal out of the low pass filter is compared to 
zero and whenever a zero crossing is detected, the program prints out 
the time. From this printout correct detection can be determined. 
100000-130000. This section contains the fast Fburier transform 




















































BIPHASE SIMULATION PROGRAM 




~RMAT!(36HTYPE FACT(DB) ,PHI IN DIDREES,90 MHZ Q) 
NSTAGE=10 









D¢ 21 !=1,1024 
~(SIN(WC*T+PHI1)*C¢S(WM*T)}+FACT*SIN(WC*T+PHI1-PHI) 







D¢ 103 1=2,85 
J=1026-I 
X(1,I)=CMPLX(O.,O.) 
X( 1 ,J )=CMPLX( 0., ,0.) 










D¢ 106 !=1, 1024 
Y(I)=REAL(X(1,I)) 
T=O. 






































































D¢ 5 !=97,513 
J=1026-I 
X( 1, I )=CMPLX( O. , 0 •. ) 
X(1,J)=CMPLX(O.,O.) 
PRINT 6 
F¢RMAT(24HLIMITED BIPHASE FILTERED) 
SIGN=+1 
CALL HFFT 
D¢ 1 !=1 '1024 
B=REAL(X(1,I)) 











D¢ 8 !=2,513 










~B11AT(25HRECTIFIED SIGNAL FILTERED) 
A1=REAL(X(1,1024)) 
D=1. 
D¢ 12 !=1 '1024 
A2=REAL(X(1,I)) 







X ( 1 , 1 ) =X ( 2, 1 ) 

























































D¢ 14 1=5,513 
J=1026-I 
X(1,I)=CMPLX(O.,O.) 




D¢ 15 1=1,1024 
A2=REAL(X(1,I)) 
IF((A1*A2.LT.O.).¢R.(A2.EQ.O.))G¢ T¢ 16 
G¢ T¢ 15 
TI=I*DT 





F¢RMAT(/33HTYPE KNTRL O. T¢ INCREMENT FACT) 
READ,KNTRL 










D¢ 30 J=1 ,NSTAGE 
N2J =N/ ( 2**J) 
NR=N2J 
NI=(2**J)/2 
D¢ 20 I=1,NI 












D¢ 30 R=1,N 
X(1,R)=X(2,R) 
IF(SIGN •. GT.O. )RETURN 
D¢ 40 R=1,N 
129000'40 
130000 
131000 
X(2,R)=X(1,R)/'FLTN 
RETURN 
END 
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